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BACKGROUND OF THE INVENTION 
FIELD OF THE INVENTION 
The present invention generally relates to telephone answering 
devices, and in particular, to an improved method and system for selectively 
5 presenting customized audio messages to callers without answering the call 
or directing the call to a phone mail system. 

DESCRIPTION OF THE RELATED ART 
A conventional phone answering machine automatically plays a pre- 
10 recorded audio message to a caller when a called party fails to answer. A 
pre-recorded message is typically generic in nature, informing the caller that 
the called party is unavailable and that the caller may leave a message if so 
desired. In some instances, the answering device gives the caller the 
option to transfer to another destination, such as a receptionist or secretary, 
15 who can provide more information as to the whereabouts of the called 
party. 

On occasion, a called party may be aware of an incoming call, but 
unable to immediately answer. For instance, the called party could be 
engaged in a meeting. In such instances, it may be desirable to provide a 
^ 20 customized recorded message to the caller without actually answering the 

call. A customized message could provide specific information, for 
example, a notice that the called party will return the incoming call within a 
few minutes. 

SUMMARY OF THE INVENTION 
25 The present invention is embodied in a telephone answering device 

that permits a user to immediately generate a customized playback 
message in response to an incoming call without having to actually answer 
the call. 

According to one embodiment of the present invention, the telephone 
30 device includes a ring detector, a command interface, a controller and a 
telephone network interface. In response to an incoming call, the ring 



detector alerts the called party and causes the controller to activate the 
command interface. The command interface is activated for a 
predetermined time while the call is still ringing. While activated, the called 
party can select or enter a playback message. The playback message can 
be a pre-recorded audio message stored within the device, or a voice 
message spoken by the called party during the activation period. After the 
playback message is selected by the called party, the telephone device 
answers the incoming call and automatically plays the customized message 
to the calling party. 

A voice recognition unit (VRU) can be included in the command 
interface so that the message playback features can be controlled by 
spoken commands. 

BRIEF DESCRIPTION OF THE DRAWINGS 
The invention is pointed out with particularity in the appended claims. 

However, other features of the invention will become more apparent, and 

the invention will be best understood by referring to the following 

specification and accompanying drawings, in which: 

FIG. 1 illustrates a telephone device in accordance with one 

embodiment of the present invention; 

FIG. 2 illustrates a detailed block diagram of a system for generating 

customized messages, which can be incorporated into the telephone device 

of FIG. 1; and 

FIG. 3 is a flowchart diagram illustrating a method responding to 
incoming calls in accordance with another embodiment of the present 
invention. 

DETAILED DESCRIPTION OF THE INVENTION 
The invention can be embodied by any device intended to present 
audio messages to callers. Thus, the embodiments discussed herein are 
exemplary. 
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Referring now to the drawings, FIG. 1 shows a telephone 50 that can 
incorporate a phone answering device in accordance with an embodiment of 
the present invention. The telephone 50 includes a handset 52, and a base 
unit 54. The handset 52 includes a conventional loudspeaker and 
5 microphone transducing audio information between a user and circuitry 
included within the base unit 54. Communication between the handset 52 
and the base unit 54 is accomplished using a conventional telephone cord 
55. Alternatively, the telephone 50 can be a cordless telephone, where the 
handset 52 and base unit 54 each include a respective radio frequency 

10 (RF) transceiver and the cord 55 is replaced by an RF communications link. 
The base unit 54 can include a built-in conventional 
loudspeaker/microphone 56, a keypad 58, and a display 60. The 
loudspeaker/microphone 56 permits the phone 50 to operate as a speaker 
phone, with the handset 52 remaining cradled in an on-hook position. The 

1 5 keypad 58 can be a conventional telephone keypad that permits a user to 
manually enter phone numbers or access specialized functions provided by 
the phone 50. The keypad 58 can include a standard touch-tone 10-digit 
keypad and any number of special function keys. The base unit 54 is 
connectable to a conventional telephone line 62 using a standard telephone 

20 jack 64. In this arrangement, the telephone 50 receives and transmits 

standard analog telephony signals over the line 62. Alternatively, the phone 
50 can be a digital phone that directly receives digital signals over the line 
62 from a digital trunk or switch. In addition, the present invention can be 
embodied in a wireless telephone, such as a cellular phone, that uses a 

25 conventional cellular RF link instead of the telephone line 62 and jack 64. 

FIG. 2 illustrates a detailed block diagram of a system 100 that is 
includable in the phone 50 for generating customized playback messages. 
The system 100 includes a telephone network interface 102, a ring detector 
104, an optional caller-ID unit 106, a caller-ID display 108, a controller 110, 

30 a ringer 112, a command interface 114, a memory 116, a speech generator 
118, a microphone 120 and a keypad 122. 
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The telephone network interface 102 includes standard circuitry and 
hardware for interfacing to a conventional telephone network. The 
telephone network can be a standard land line, such as the conventional 
telephone line 62, or a wireless telephone network, such as a cellular 
5 network, or a digital line communicating with a standard digital trunk or 

switch. In a conventional land line network, the telephone interface 102 can 
include a jack receptacle for receiving the jack 64, and can pass analog 
information to the ring detector 104 and the caller-ID unit 106. The 
telephone interface 102, likewise, passes conventional analog telephony 
10 signals to the network from the speech generator 118. 

The ring detector can include conventional off-the-shelf circuitry for 

0 detecting the ring signal produced by an incoming call. Upon detecting an 
lI incoming call, the ring detector 104 generates a signal which activates the 
J ringer 112 and sets the controller 110 into a ring state. 

N= 15 The caller-ID unit 106 can include commercially available circuitry for 

Lp 

01 deriving caller-ID information presented by the incoming call, such as Part 
^ No. CMX602A, manufactured by MX-COM Inc., of Winston-Salem, North 

P Carolina. The caller-ID information can be presented on the display 108 so 

■ n that the called party can be alerted to the identification of the caller before 

■fjf 20 entering a customized message. The display 108 can be any conventional 

alpha-numeric display, such as a liquid crystal display (LCD), and can be 
included in the display 60 of FIG. 1. 

The caller ID function is important in that it alerts the called party to 
the identity of the caller prior to answering the phone. This permits the 
25 called party to tailor the playback message accordingly and would provide 
further motivation for using the on-the-fly message generation feature of the 
present invention. 

When the system 100 is included in a digital phone, the caller 
identification information can be included in a conventional ring message 
30 generated by a digital switch. The caller information in the ring message 
would be presented at the display 108. 
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The ringer 112 can be any means for generating an audio signal to 
indicate the presence of the incoming call, such as a conventional bell 
ringer or an alert generating circuit coupled to a loudspeaker. 

The command interface 114 can be activated by providing an active 
5 enable signal to the components of the interface 114. The duration of the 
enable signal can be set using a timer or countdown routine included in the 
controller 110. 

In addition to controlling the command interface 114, the controller 
110 can also perform functions associated with conventional telephones, 
10 such as responding to on-hook/off-hook conditions, responding to special 
function keys, such as speed dialing, controlling the network interface 102, 
and the like. 

In the ring state, the controller 110 activates the command interface 
N| 114 for a predetermined period of time during which the called party can 

Lfl 

k& 15 select to generate a customized response to the incoming call. As stated 

» earlier, in response to the detection signal, the controller 110 enters a ring 

- state. 

o The controller 110 can be a microprocessor executing a software 

\Z program. The microprocessor can be any commercially available processor 

20 suitable for performing the functions disclosed herein, such as a 

microprocessor selected from the X86 family of processors or 8051 family 
of microcontrollers manufactured by Intel Corporation, any processor 
selected from the 68K or Power PC microprocessors manufactured by 
Motorola, Inc., or the C161RI microprocessor manufactured by Siemens 
25 Corp. 

In the command interface 114, the called party selects or enters a 
customized audio message. As shown, the command interface 114 can 
include an audio interface 126 in communication with a voice recognition 
unit (VRU) 124 for recognizing spoken commands, as well as a key matrix 
30 circuit 128 communicating with keypad 122. Accordingly, the called party 
can enter commands using speech or by manually keying in the command. 
In alternative embodiments of the invention, the command interface 114 can 
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include either the voice interface (VRU 124 and audio interface 126) or the 
keypad interface alone. 

The voice and keypad interfaces can be activated by selectively 
enabling data busses passing data from the interfaces to the other 
5 components of the system 100. The busses can be enabled by the active 
enable signal from the controller 110. 

User commands can include an instruction and a message 
parameter. The instruction directs the system 100 to perform a specific 
function, while the parameter is a variable attribute associated with the 

10 function. For example, the user could enter a command which includes the 
instruction "call back" and the parameter "ten". This command would cause 
the system 100 to play a customized pre-recorded or synthesized message 
to the caller stating that the user will call back in ten minutes. Alternatively, 
the user could enter the instruction "record" without parameters, whereby 

15 causing the system 100 to record a voice message for immediate playback 
to the caller, while the call is pending. 

For entering spoken commands, the user speaks into the microphone 
120, which produces an electronic signal received by the audio interface 
126. The microphone 120 can be a conventional microphone built into the 

20 phone base unit 54, such as the loudspeaker/microphone 56. The audio 
interface 126 includes conventional audio circuitry for amplifying, filtering, 
sampling and converting the audio input to digital signals. The digitized 
audio signals are then passed to the VRU 124. The digitized audio can 
also be transferred to the memory 116 for storing customized messages for 

25 playback. The audio interface 126, as well as some of the functions of the 
interface 102, ring detector 104 and the ringer 112 can be implemented 
using an ARCOFI Chip, Part No. PSB2163, manufactured by Siemens Corp. 
In such an embodiment, the ARCOFI Chip can be readily interfaced to a 
conventional microprocessor performing the functions of the controller 110. 

30 The ARCOFI Chip also provides an interface to the standard loudspeaker 
and microphone in a phone handset, such as handset 52. 
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The VRU 124 is configured to recognize spoken commands uttered 
by the called party. The VRU 124 can include a commercially available off- 
the-speech recognition engine, such as Phone Query™, from Dragon 
Systems, Inc. of Newton, MA; or Speechworks from Al Tech, Inc. of Boston, 
5 MA. Typically, the speech recognition engine is provided as software 
executing on a microprocessor (not shown). The microprocessor can also 
execute additional software routines in conjunction with the speech 
recognition engine, wherein the additional software routines generate 
control signals when the speech recognition engine identifies predetermined 
10 spoken commands. The control signals can be used to control recordation 
of a spoken message received by the audio interface 126, or to access pre- 
o recorded messages stored in the memory 116. 

^ A separate microprocessor can be used to implement the VRU 124, 

^ such as any of those listed earlier in reference to the controller 110. 

H 15 Alternatively, the functionality of the VRU 124 and the controller 110 can be 

in 

m- included in software routines that are executed by a common processor. 

f\ To manually enter commands, the user enters the message 

O parameters using the keypad 122. The key matrix circuit 128 interfaces 

with the keypad 122 and presents digital keyed-in information to the 

g 20 controller 110. The keypad 122 can be a standard touch-tone pad, such as 

keypad 58 shown in FIG. 1, having special function buttons dedicated to 
activating and controlling the customized message feature. For instance, 
the user could select a key which causes the controller 110 to retrieve a 
specific pre-recorded message from the memory 116 for playback through 
25 the speech generator 118. Alternatively, the user could also key in a 

command to activate the audio interface 126 so that the user can record a 
message for immediate playback to the caller. 

When the user selects the option of recording a message on-the-fly, 
the audio interface is activated for a recording session having a 
30 predetermined duration. During the recording session, a digitized voice 
from the audio interface is temporarily stored in the memory 116. To 
transfer voice data from the audio interface 126 to the memory 116, the 
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controller 110 enables data transfers over a bus correcting the interface 126 
and memory 116. In addition to storing messages generated on-the-fly, the 
memory 116 can also store pre-recorded messages at predetermined 
locations. The memory 116 can be any type of commercially-available 
5 computer memory, such as a Flash memory or RAM. The stored digitized 
voice can represent an audio message of predetermined duration. 

Immediately after a message is selected or recorded, the controller 
110 activates the speech generator 118 and answers the incoming call. 
Based on the instruction and message parameters entered by the user, the 

10 controller 110 accesses a message stored in the memory 116. Upon 
receiving the digitized voice from the memory 116, the speech generator 
118 plays back the customized message to the caller. The speech 
generator 118 includes conventional circuitry for converting the digitized 
voice stored in the memory 116 to an analog audio signal suitable for 

15 transmission over the telephone network. The speech generator 118 can 
be implemented using a SAM chip, Part No. PSB2168, manufactured by 
Siemens Corp. In addition, the SAM chip can be used to interface the 
audio interface 126 to the memory 116. In such an embodiment of the 
invention, the controller 110 would be a microprocessor controlling the SAM 

20 chip. 

In addition to telephones, the system 100 is includable in other 
devices, such as telephone switches and voice mail systems. In such 
embodiments of the invention, the system 100 would be a centralized 
resource, available to multiple users. The centralized arrangement of the 

25 system 100 would reduce the cost of the individual phones in the subscriber 
system. The telephones in this arrangement would act as dumb terminals, 
collecting voice and key commands and passing them over a conventional 
internal subscribe line to the centralized system. Accordingly, each 
telephone would include the display 108, the ringer 112, the microphone 

30 120, and the key pad 122 and matrix 128. The remaining elements of the 
system 100 could reside at the centralized location. The controller 110 



would include a software routine for responding to commands received over 
the subscriber line. 

Users could activate the system by depressing a special function key 
included with each phone, which in essence would place the incoming call 
on hold and place a conventional phone call to an extension assigned to 
the centralized system 100. The subscriber switch would regulate access 
to the centralized system in the conventional manner that it would regulate 
access to other extensions. After the user selects or enters the playback 
message, the user terminates the call to the centralized system, which 
causes the switch to transfer the held call to the system 100. The system 
100 then plays the customized message to the incoming caller. 

FIG. 3 illustrates a flowchart diagram of a method 200 for responding 
to incoming calls according to another embodiment of the invention. The 
method 200 can be implemented as a software routine executable by the 
controller 110. 

In step 202, the ring signal presented by the incoming call is 
detected. In response to the ring signal, the command interface 114 is 
activated (step 204). As discussed early, the interface 114 can be activated 
by an enable signal from the controller 110. In step 206, a check is made 
to determine whether the called party has entered a command via the 
command interface 114. The command can be entered using either the 
voice or keypad interface. If a command requesting the generation of a 
custom message has been received, the method proceeds to step 208, 
otherwise, the method proceeds to step 210. In step 208, the called party 
enters or selects an audio message while the call is pending for immediate 
playback to the caller. The incoming call is then answered and the 
message is transferred to the caller. After the message has played, the 
controller 110 can release the call. 

In step 210, a check is made to determine whether the called party 
answered the incoming call. This can be accomplished by monitoring the 
on-hook/off-hook condition of the phone. If so, the system 100 enters an in- 
use state in step 212 and is deactivated until the incoming call is 
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terminatecl. If the incoming call is not answered and the called party has 
not entered a command instructing the system 100 to generate a 
customized audio message, the call is transferred to a conventional 
answering service, such as voice mail, an answering machine, or a 
receptionist (step 214). 



